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21 A CDMA-based radio Interface for third generation rriobile systems 

Sergio Barberis, Ermanno Berruto 

June 1997 Mobile Networks and Applications, Volume 2 issue i 

Full text available: ^pdf(257.24 KB) Additional Information: full citation , abstract , references , index terms 



This paper deals with the use of a CDMA-based radio interface in third generation mobile 
systems (Universal Mobile Telecommunications System— UMTS, and Future Public Land 
Mobile Telecommunications System— FPLMTS). The paper is not intended as a detailed 
analysis of the radio interface performance, but as an overview of the main issues arising in 
a typical CDMA-based mobile system, discussing the different available technical solutions. 
First of all, the basic requirements of the r ... 

22 Impact of statistical multiplexing on voice quality in cellular networks 

T. Enderes, S. C. Khoo, C. A. Somerville, K. Samaras 

August 2000 Proceedings of the 3rd ACM international workshop on Modeling, analysis 

and simulation of wireless and mobile systems 

Additional Infomiation: full citation, abstract , references , citings , index 

terms 



n 



Full text available: ■ ^Ddf(817.16 KB^ 



This paper examines the quality of transmission of voice over cellular, packet-switched 
TDMA networks. The medium access mechanism in the uplink is simulated for different 
statistical multiplexing scenarios in order to assess the effect of front-end clipping on voice 
quality. Moreover, the simulation is implemented in a real-time demonstration platform 
utilized to acquire subjective indicators of voice quality by performing Mean Opinion Score 
(MOS) tests. The results from the MOS tests are ... 

23 On the effects of adaptive forward error correction mechanism in direct broadcast 
satellite networks 

Fatih Alagoz, David Walters, Amine Alrustamani, Branimir Vojcic, Raymond Pickholtz 
August 1999 Proceedings of the 2nd ACM international workshop on Modeling, analysis 

and simulation of wireless and mobile systems 

Full text available: "Pl pdf(877.12 KB) Additional Information: full citation , references, citings , index terms 



2^ Impact of statistical multiplexing on voice quality in cellular networks Q 

Thomas Enderes, Swee Chern Khoo, Clare A. Somerville, Kostas Samaras 



April 2002 Mobile Networks and Applications, Volume i issue 2 

Full text available: '^ pc(f(239.13 KB) Additional Information: full citation , abstract , references , index terms 

This paper examines the quality of transmission of voice over cellular, packet-switched 
networks. The medium access mechanism in the uplink is simulated under various statistical 
multiplexing scenarios in order to assess the effect of front-end clipping on voice quality. 
Moreover, the simulation is implemented in a real-time demonstration platform utilized to 
acquire subjective indicators of voice quality by performing Mean Opinion Score (MOS) tests. 
Results from the MOS tests are reported, and ... 

Keywords: cellular networks, speech pattern, statistical multiplexing, voice quality 

25 A comprehensive approach to signaling, transmission, and traffic management for 
wireless ATM networks 

Anthony Burrell, P. Papantonl-Kazakos 

September 2001 Wireless Networks, Volume 7 issue 4 

Full text available: ^ pdf(331 .30 KB^ Additional Information: full citation , abstract , references , index terms 

We propose and evaluate a signaling and transmission algorithmic system for wireless digital 
networks, in conjunction with a Traffic Monitoring Algorithm (TMA) for dynamic capacity 
allocation in multimedia ATM environments. The deployed signaling protocol is stable, and 
two transmission techniques are compared: a Framed Time-Domain Based (FTDB) technique 
and a Framed CDMA (FCDMA) technique. The overall signaling/transmission/traffic 
monitoring proposed system has powerful performance characteris ... 

Keywords: multimedia environments, signaling and transmission, traffic monitoring, 
wireless 



26 Performance aspects of data broadcast in wireless networks with user retrials 

Natallja Vlajic, Charalambos D. Charalambous, Dimitrios Makrakis 

August 2004 IEEE/ ACM Transactions on Networking (TON), volume 12 issue 4 

Full text available: ^pdfn.28 MB) Additional Information: full citation , abstract , references , index terms 

The User retrial phenomenon and Its significant impact on network performance in unicast 
wireless systems are known and relatively well studied in the literature. However, there 
have been no previous studies on the impact of the user retrial phenomenon on other types 
of wireless networks. The objective of this paper is to extend the analysis of the user retrial 
phenomenon to wireless systems which, in addition to unicast service, also support a data 
broadcast service.This objective is realized b ... 

Keywords: data broadcast, mobile communication, wireless networks 



27 Medium access control for ATM-to-CDMA interface 

Aykut Hocanin, Shanuj V. Sarin, Hakan Delig 
July 2002 Wireless Networks, volume 8 issue 4 

Full text available: ^ pdfn80.82 KB) Additional Information: full citation , abstract , references , index terms 

An integrated medium access control framework for a direct sequence code-division multiple 
access (CDMA) radio access to an asynchronous transfer mode (ATM) network is considered. 
The system accommodates multimedia services such as voice and data. The Inherently high 
error rate associated with the multipath fading channel is partly overcome by the 
introduction of a data link control layer employing one- and two-dimensional CRC codes for 
error detection/correction In voice and data packets, respe ... 



Keywords: ARQ, ATM, CDMA, CRC, multipath fading 



28 A cellular wireless local area network with QoS guarantees for heterogeneous traffic Q 

Sunghyun Choi, Kang G. Shin 

June 1998 Mobile Networks and Applications, Volume 3 issue i 

Additional Information: full citation , abstract , references, citings , index 



Full text available: TO pdf(374.40 KB) 

terms 

A wireless local area network (WLAN) or a cell with quality-of-servlce (QoS) guarantees for 
various types of traffic is considered. A centralized (i.e., star) network is adopted as the 
topology of a cell which consists of a base station and a number of mobile clients. Dynamic 
Time Division Duplexed (TDD) transmission is used, and hence, the same frequency channel 
is time-shared for downlink and uplink transmissions under the dynamic control of the base 
station. We divide traffic into two cl ... 



29 QoS provisioning in wireless/mobile multimedia networks using an adaptive framework Q 

Taekyoung Kwon, Yanghee Choi, Chatschik Bisdikian, Mahmoud Naghshineh 
January 2003 Wireless Networks, volume 9 issue i 

Full text available: ^ pdf(188.34 KB) Additional Information: full citation , abstract , references , index terms 

Recently there is a growing interest in the adaptive multimedia networking where the 
bandwidth of an ongoing multimedia call can be dynamically adjusted. In the 
wireless/mobile multimedia networks using the adaptive framework, the existing QoS 
provisioning focused on the call blocking probability and the forced termination probability 
should be modified. We, therefore, redefine a QoS parameter — the cell overload probability 
— from the viewpoint of the adaptive multimedia networking. Th ... 

Keywords: QoS provisioning, adaptive framework, adaptive multimedia, bandwidth 
adaptation, call admission control, wireless/mobile multimedia network 



30 Traffic and interference adaptive scheduling for internet traffic in UMTS 

Marco Conti, Enrico Gregori 

August 2004 Mobile Networks and Applications, Volume 9 issue 4 

Full text available: ^pdf(316.53 KB) Additional Information: full citation , abstract , references, index terms 

In this paper we propose a scheduling strategy for the radio resources management when 
transmitting Internet traffic over third-generation systems. More precisely, we consider the 
UMTS Terrestrial Radio Access Network (UTRAN) Time Division Duplex (TDD) mode 
standardized by ETSI. UTRAN TDD uses a hybrid solution of code and time division multiple 
access, called TD-CDMA. In UMTS systems a key issue in developing access methodologies 
for the available spectrum is an optimal management of the rare r ... 

Keywords: UMTS, UTRA-TDD, internet traffic, scheduling 



31 On admission control and scheduling of multimedia burst data for CDMA systems Q 

Yu-Kwong Kwok, Vincent K. N. Lau 

September 2002 Wireless Networks, volume 8 issue 5 

Additional Information: full citation, abstract , references , citings , index 



Full text available: TO pdf(223.56 KB) 

terms 

In order to support transmissions of multimedia data (high data rate and burst) with 
performance guarantees in a wideband CDMA system, It Is crucial to design a judicious 



algorithm for burst data admission control and scheduling. However, in the current literature 
there are only simple techniques (such as first-come-first-served and equal sharing) 
suggested for tackling the problem. Indeed, these existing schemes are not designed for 
optimizing the precious bandwidth resources while providing pe ... 

Keywords: 3G, CDMA, admission control, burst data, cdma2000, integer programming, 
optimal algorithm 



32 Issues in satellite personal communication systems 

Erich Lutz 

February 1998 Wireless Networks, Volume 4 issue 2 
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In the paper various issues In personal satellite communications are addressed. Basic 
geostationary and non-geostationary satellite constellations are considered. The narrowband 
and wideband characterization of the mobile satellite channel and related system 
implications are discussed. Satellite diversity is presented as a measure to overcome signal 
shadowing. The capacity of TDMA and CDMA multiple access is estimated, taking into 
account co-channel interference. Various network issues, sue ... 
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In the future deployment of wideband DS-CDMA mobile communication systems, spectrum 
overlay among sub-bands with different bandwidths is probably Inevitable. In this paper we 
present an approach to estimate the reverse-link capacity of overlaid multiband DS-CDMA 
systems in terms of the maximum number of users in each sub-band. We will derive the 
general capacity formula, and present a decomposition method for the capacity analysis to 
reduce the computational complexity. Based on this decompositi ... 

Keywords: multiband overlaid DS-CDMA, reverse-link capacity, wireless multimedia 
systems 



34 Adnfiission control with priorities: approaces for multi-rate wireless system 

Deepak Ayyagari, Anthony Ephremides 

October 1999 Mobile Networks and Applications, volume 4 issue 3 

Additional Infomriation: full citation , abstract , references , citings , index 



Full text available: Taa pdfn47.14 KB) 

terms 

Priority based link-bandwidth partitioning is required to support wireless multimedia 
services, having diverse QoS (delay, throughput) requirements, in mobile ad hoc networks 
with multimedia nodes. A new class of service disciplines, termed ''batch and prioritize" or 
BP admission control (AC), is proposed. The BP algorithms use the delay tolerance of 
applications to batch requests in time slots. Bandwidth assignment is made either at the end 
of the slot, or during the slot, on a ... 
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While handovers of voice calls in a wide area mobile environment are well understood, 
handovers of multi-media traffic in a local area mobile environment is still in its early stage 
of Investigation. Unlike the public wireless networl<s, handovers for multi-media Wireless 
LANs (WLAIMs) have special requirements. In this paper, the problems and challenges faced 
in a multi-media WLAN environment are outlined and a multi-tier wireless cell clustering 
architecture is introduced. Design issues for ... 
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We investigate a wireless system of multiple cells, each having a downlink shared channel in 
support of high-speed packet data services. In practice, such a system consists of 
hierarchically organized entities including a central server. Base Stations (BSs), and Mobile 
Stations (I^Ss). Our goal is to improve global resource utilization and reduce regional 
congestion given asymmetric arrivals and departures of mobile users. For this purpose, we 
propose a scalable cross-layer framework to coordinat ... 
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In the future deployment of wideband DS-CDMA mobile communication systems, spectrum 
overlay among sub-bands with different bandwidths Is probably inevitable. In this paper we 
present an approach to estimate the reverse-link capacity of overlaid multiband DS-CDMA 
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Distributed power-control algorithms for systems with hard signal-to-interference ratio (SIR) 
constraints may diverge when infeasibility arises. In this paper, we present a power-control 



framework called utility-based power control (UBPC) by reformulating the problem using a 
softened SIR requirement (utility) and adding a penalty on power consumption (cost). Under 
this frameworl<, the goal is to maximize the net utility, defined as utility minus cost. 
Although UBPC is still noncooperatlve and dis ... 
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In this paper, we present techniques for provisioning CPU and network resources in shared 
hosting platforms running potentially antagonistic third-party applications. The primary 
contribution of our work is to demonstrate the feasibility and benefits of overbooking 
resources in shared platforms, to maximize the platform yield: the revenue generated by 
the available resources. We do this by first deriving an accurate estimate of application 
resource needs by profiling applications on dedicated no ... 
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JOINT SOURCE CHANNEL CODING 
WITH HYBRID FEC / ARQ FOR BUFFER 
CONSTRAINED VIDEO TRANSMISSION 



Rohit Puri, Kannan Ranichandran Antonio Ortega 

Dept. of Electrical and Computer Engg. Integrated Media Systems Center 

University of Illinois, Urbana -Champaign University of Southern California 

Urbana, Illinois Los Angeles, California 

Abstract - We propose an Automatic Repeat Request (ARQ) / For- 
ward Error Correction (FEC) scheme for synchronous transmission of 
video over a binary symmetric constant rate channel. The approach 
consists of jointly allocating source and channel rates to video blocks 
from a given admissible set subject to the buffer or equivalently end-end 
delay constraints. The channel codes used are the popular class of pow- 
erful FEC codes known as Ilate-Compatible Punctured Convolutional 
(RCPC) Codes. The method used involves independent coding of the 
video units and optimization of the end-tcnend expected delivered video 
quality. The existence of a rev:urn channel is assumed through which the 
decoder informs the encoder about the success/ failure of the transmis- 
sion. In the event of a failure, incremental parity information is sent 
to the decoder for correcting errors and a resdlocation performed at the 
encoder. The simulations done point out the efficacy of the proposed 
scheme. 

INTRODUCTION 

Variable bit rate methods for source coding of video have received signifi- 
cant attention in the past in view of their compression efficiency and network 
bandwidth utilization. The prc-blem of optunal allocation of rates for delay 
constrained video has been solved for both the cases of noise free [1] and noisy 
channels [2] . In [2] , the channel considered was a burst error wireless channel 
and the error control technique employed was conventional Automatic Re- 
peat Request (ARQ) wherein based on feedback from the decoder, packets 
received in error are retransmitted. 

In this paper, we employ a hybrid ARQ/FEC scheme using Rate-Compatible 
Punctured Convolutional (RCPC) codes [3] and investigate the potential ad- 
vantages of integrating it into an ARQ based scheme to improve the delivered 
video quahty at the receiver. FLCPC codes are a family of efficient channel 
codes with rate compatibility restriction which implies that all the code bits 
of a high rate code are used by the lower rate codes. Such schemes have been 
considered for image transmission [4], However there has been no treatment 



in literature on the use of these codes in the context of delay constraints 
(which result in equivalent buffer constraints). Intuitively, a hybrid scheme 
based on RCPC codes has an edge over conventional ARQ in the sense that 
during retransmissions following an error, there is no need to resend the entire 
packet but only incremental parity information as proposed in [3] . Because of 
the rate compatibility of the channel codes, any parity sent previously (as a 
forward error correction component or as a retrajismission), can be combined 
with the incremental parity to facilitate error removal at the cost of lesser 
bandwidth. 



SYSTEM, PROTOCOL AND CHANNEL DESCRIP- 
TION 

The proposed video transmission scheme has applications in video on de- 
mand and other storage and video server applications. The system consists of 
an encoder (figure (1)) which also performs the role of a rate controller. The 
rate distortion characteristics of each of the video units are assumed available 
to the encoder. Based on this knowledge, the encoder allocates source rates 
and then channel rates to the video units. The transmission units are variable 
length packets. A typical packet consists of a source-channel code for a video 
unit and an outer error detection code such as a 16-bit CRG for the source 
code and finally a header. 
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Figure 1; Encoder: Rate Control using hybrid FEC / ARQ 

On receiving the bits, the decoder attempts to correct the channel errors 
and recover the packet. The success or fsdlure in correcting the channel errors 
is determined by the error detection mechsmism (assumed to be perfect) and 
the result is conveyed back to the encoder through the feedback channel. 
Upon success the encoder proceeds with the transmission of the next unit. 
Else, the encoder, optimally switches to a stronger channel code and transmits 
only the incremental bits needed for the chosen code. The decision to send 
more bits is taken only if the deadline for the display of the unit has not been 
reached and the procedure goes on. 

The channel model used is that of a constant bit rate, stationary, binary 



symmetric channel with instantaneous feedback. The rate allocation algo- 
rithm developed is particular to this simple model. However, it still highlights 
the salient features of the buffer constrained joint source channel optimiza- 
tion and can serve as a first st(;p towards analysis of the problem using more 
complicated channel models. I'he framework can however, be easily extended 
to the case of feedback with delay. 

PROBLEM FORMULATION 
Definitions and Notations 

Video Sequence: is the sequence of transmission units to 

send. The units may be video frames, or subbands of a frame, or groups of 
frames; the only assumption being that each unit being sent is coded inde- 
pendently of others. 

Som*ce/Chamiel Rates: Sk{i) and Cj(i) denote respectively the source and 
channel rates in bits for the i^^ unit of quality k and strength j respectively 
where k = l,.-.iir and j = 1,..,.J. FVom the Rate-Distortion characteristic 
of the i*^ unit, Sk{i) is associated with mean squared Distortion Dtii)- For 
convolutional channel codes, cc>de strength j is associated with a rate factor 
r{j) (so that Cj{i) = T{j).Skii)) and with a probability of bit error The 
channel codes used are convolutional codes so that for ji > j2, r{ji) > r(j2) 
and PbUi) < P6O2)- The probability of bit error for a particular code strength 
depends only upon the signal to noise ratio in the channel. For our scheme 
we assume that the channel is stationary and the signal to noise ratio and 
hence pb{j) for each code strength j is known to the encoder. 
Expected Distortion per OQr^insmission Unit: Define probability of frame 
error Pf{i) for the i*^ unit as: 

p''/(i)----i-{i-PbU)f''^'^i (1) 

The Ebcpected (Mean) Distortion for the i'^ unit is defined as: 

ED'^'ii) = (1 -p''/ii)).Dkii) +p''/{i).E(i) (2) 

where E{i) denotes the energy of the i^^ unit i.e. the mean square distortion 
encountered when zero rate is assigned to the i^^ unit. This is clearly a 
pessimistic view since here a unit received in error is considered as lost fully. 
Rate Constraints: Time is measured in terras of video unit times. Let N 
be the total number of units to be sent. Let 

R^''{i) = Sk{i) + Cj(i) (3) 

denote the rate assigned to th<2 i*'^ unit. Then if C denotes the channel 
bandwidth in bits per video unit time and L is acceptable latency of the 
application then at time n if unii; m is currently being transmitted and R (m) 
bits of it are present in the encoder buffer we need: 



R (m) + R^>^{1) <{L + i- n).C for i = m + 1, N (4) 



Statement of the Problem 

Formulation (For the case of instantaneous feedback): Let the current 
time be n and the unit being transmitted be m. Let jR (m) bits of unit m be 
in the encoder buffer. Now if the m^^ unit is lost before time n + 1, then the 
optimization problem can be formulated as: 

For alH e m + 1, ...N obtain k{i) and such that k{i) € 1, ....jKT and 
6 1, ....J and that 

N 

J2 (i) + (m) (5) 

i=Tn+l 

is minimized subject to the constraints (4) where R' (m) in (4) is replaced by 
R\m) + lijiowJhigher) where jhigher G jiowj^-J^ The latter term is the 
incremental parity term for the m^^ unit. For the case of delayed feedback, 
additional terms appear in (4). 

Every time an error occurs, the encoder tries to send an incremental chan- 
nel code for the unit in error so that (5) is minimized. So there is a dynamic 
reallocation for all the units which are yet to be transmitted. Since all the 
units up to n (current time) will already have been encoded, and there is a 
possibihty that during the reallocation lesser number of bits are made avail- 
able for them than the current assignment, we see that implementation is 
most elegantly supported if all the units are source coded in an embedded 
form. In this case taking away bits is equivalent to "chopping" off some bits 
off the source code. 

Optimization Framework 

The solution to the above problem is found using Dynamic Programming. 
In the trellis generated the stages represent the time in terms of video unit 
times and the states are the encoder buffer occupancy states {Be) (related at 
successive time instants by: Be{i + 1) = Be{i) + R{i + 1) - C) as shown in 
figure 2. The constraints in (4) are implemented by restricting the number of 
states in each stage to L.C The cost associated with a branch from node a in 
stage n to a node b in stage n-h 1 is given by the expected distortion associated 
with the rate r(n + 1) for the (n + l)th imit (r(n + 1) = s{n + 1) + c{n + 1)) 
where r(n + l) = 64-C-a. Because of independent coding of the video units 
and the fact that the channel is a binary symmetric channel (memoryless) 
the cost of a branch is independent of the path it came from and hence we 
caoi use dynamic programming techniques. The metric in (5) represents the 



total cost of a path from the initial to the final stage and is to be minhnized 
over all possible paths. 




Time (Stages)—^ 
Cost(a.b)'=ED(k,.j) Kuch that b + C - asSCn+l) 4 C(n4l} 

Figure 2: Trellis representing encoder buffer occupancy at different stages. 

EXPERIMENTAL RESULTS 

For the simulations, Said and Fearlman's (embedded) SPIHT coder [5] was 
used in the intraframe mode and the family of RCPC codes used (memory 
M=4 and puncturing period P~8) was obtained from [3]. The rate distortion 
characteristics used were a parameterized version of those for the "Football 
sequence" when coded as a sequence of images using the SPIHT coder. The 
simulations were run for 100 frames with end-end latency L=l, The value 
of L chosen was motivated by a desire to obtain representative performance 
for practical sequences (which typically have much larger lengths so that the 
end-end latency would typically be a small percentage of the playing time). 

The video units (obtained after subdividing the output frames from the 
video player) and their sizes were chosen so that after source coding the 
video units the average transmission packet size was close to that needed for 
maximum throughput for the ARQ scheme for each value to signal to noise 
ratio in the channel. This wouhi offer a conservative comparison. The hybrid 
scheme consistently outperforms the ARQ scheme for all ranges of bit error 
rates (figure (3)) with a striking difference for bit errors in the range (10"^ 
to lO"^). A reauson for large gains at high BERs is that because of the strict 
buffer size used (L=l), the ARQ scheme at high BERs is unable to get much 
throughput across. 

CONCLUSIONS AND FUTURE WORK 

We formaUzed the problem of optimal joint source-channel rate control 
for stored video and presented ;m algorithm to compute the optimal control 
which can be trivially extended to real time transmission. We considered 




Figure 3: Average PSNR at the decoder as a function of signal to noise ratio 
in the channel for the hybrid and the ARQ scheme at a target transmission 
rate of about Ibpp, 

the scenario where the encoder has knowledge of the channel state (signal to 
noise ratio) and the channel is stationary. It is to be noted that the scheme 
is optimal even for the case of time varying channel when the state is known 
to the encoder. Thus an extension of this work would be to incorporate a 
channel state estimator whose output is available to the encoder. 
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A CDMA-based radio interface for third generation mobile systems 

Sergio Barberis and Ermanno Bemito 

CSELT, Via G. Reiss Romoli 274. Torino, 1-10148, Italy 

This paper deals with the use of a CDMA-based radio interface in third generation mobile systems (Universal Mobile Telecommu- 
nications System - UMTS, and Future Public Land Mobile Telecommunications System - FPLMTS). The paper is not intended as a 
detailed analysis of the radio interface performance, but as an overview of the main issues arising in a typical CDMA-based mobile 
system, discussing the different available technical solutions. First of all. the basic requirements of the radio interface in a third generation 
mobile system ore outlined. In particular, the support of variable bit rate transmission, the adaptability to the different propagation and 
service environments and the flexibility are felt to be important topics to be discussed. Then, the main characteristics of the CDMA 
access technique arc depicted, in relation with the above mentioned requirements, focusing in paiticular on the DS-CDMA radio interface 
designed within the RACE 11 - CODIT Project. In that context the paper describes some of the technical solutions proposed for the 
provision of advanced features such as macrodiversity. muhibearer transmission and variable bit rate services. 



1. Introduction 

First generation (based on analog technology) and sec- 
ond generation (based on digital technology) mobile com- 
munication systems consist of a set of different systems 
designed for specific purposes: paging, cordless, cellular 
mobile, satellite mobile. 

At the beginning of the next century, a more advanced 
third generation of mobile communication systems is ex- 
pected to be ready for the operational phase: the so called 
(according to the European terminology) Universal Mobile 
Telecommunications System (UMTS) or, referring to the 
ITU terminology, Future Public Land Mobile Telecommu- 
nication Systems (FPLMTS). For simplicity, in the follow- 
ing we will refer always to UMTS. UMTS will integrate, 
in a unique structure, all the services mentioned above that 
are currently provided by means of several ad-hoc systems. 
At the same time, it will make available anywhere and at 
anytime a wide range of services with bot h QoS an d maxi- 
mu m bit rates hig her than those provided by first and second 
generation systems. In particular, UMTS will support data 
services up to 2 Mbit/s. . 

This paper is focused on the analysis of the adoption of 
a CDMA radio interface for the support of UMTS services. 
The content of this paper is based on the experience of the 
authors within the RACE II - R2020 CODIT (COde Di- 
vision Testbed) Project, partially funded by the European 
Commission. The paper is organised in the following way. 
First of all, the basic requirements of the radio interface in 
a third generation mobile system are outlined. Then, the 
main characteristics of the CDMA access technique are de- 
picted, in relation with the above mentioned requirements. 
Finally, the radio protocols architecture of a CDMA-based 
system is presented: for each component, the possible tech- 
nical solutions are shown, highlighting advantages and dis- 
advantages and their impact on the overall performance and 
complexity. 



2. Radio interface requirements 

An advanced "third generation" mobile communication 
system must be able not only to replace all the mobile sys- 
tems currently in operation, but it should also be extremely 
versatile and adaptable in order to face present and future 
unpredictable service and traffic demands. As a conse- 
quence, such a system should be based on an air interface 
satisfying a wide set of requirements that are briefly sum- 
marised in the following. 

High adaptability 

The radio interface should be able to easily adapt its 
characteristics in order to support any kind of service, both 
in t erms of quality (BER, delay) and bit rat e. Both single 
and'multibearer capabilities should be supported so as to 
handle in a highly efficient way any kind of service request. 

Low sensitivity to environment variations 

The radio interface performance is expected to be nearly 
environment independent. This "robustness" with respect 
to environment and propagation variations can be obtained 
by means of a real time dynamic adaptation of the main 
radio transmission characteristics (e.g., modulation, coding, 
power control rate, etc.). Advanced system level solutions, 
such as macrodiversity, adaptive antennas and multilayer 
radiocoverage also contribute to meet this requirement. 

Transport up to 2 Mbit/s (continuous and packetized) 

A radio interface candidate for UMTS should support, 
theoretically, any bit rate in the range 0-2 Mbit/s, allow- 
ing real time variation during the call phase according to 
the source and system needs. With such a wide variation 
range, some kind of "intelligent device" responsible for re- 
source allocation (number of time slots, bandwidth) to each 
call is mandatory so as to maximise the spectral efficiency. 
On a call basis, the radio interface should be able to sat- 
isfy the requests sent by the resource manager. Support of 
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packet transmission is also a mandatory feature: the radio 
interface should keep the radio resources busy only during 
the transmission of the packet; the resources have to be re- 
leased (or, at least a significant part of them) as soon as the 
packet transfer is completed. This feature, together with 
the provision of asymmetrical transmission, is a key factor 
in the support of multimedia services. 

Dynamic channel allocation 

Dynamic channel allocation techniques are needed in or- 
der to optimise the spectral efliciency. An advanced radio 
interface has to be flexible enough to allow for the im- 
plementation of several channel allocation policies (e.g., 
centralised/distributed) that can vary according to the envi- 
ronment. 

Optimisation of spectral efficiency 

The expected growth of mobile communications, com- 
pared with the limited available spectral resources, will de- 
mand a frequency re-use factor approaching one (at least 
in the same coverage level). In addition, the presence of 
different kind of users (e.g., vehicular, pedestrian), with 
completely different mobility characteristics, will call for 
a multiple-level radio coverage, organised in a hierarchical 
structure. This scenario will also loosen the power control 
constraints, so that the related mechanism will more easily 
meet the interference minimisation requirements. 

The overall process of the spectral efficiency optimisa- 
tion will have to cope with the possible presence of multiple 
operators in the same area, each of them competing with 
each other and operating the related networks in an unreg- 
ulated way. 

Seamless handover and macrodiversity 

The radio interface niust provide seamless handover in 
any operational condition and should be able to support 
macrodiversity. Macrodiversity is defined as the process 
allowing the MS to be simultaneously connected to more 
than one base station. Macrodiversity can improve both 
QoS and robustness against shadowing. 

Security 

Due to the nature of the medium (i.e., a radio channel) 
used in mobile communications, particular attention should 
be paid to the provision of security features, covering the 
aspects of both user data confidentiality and user authenti- 
cation. 

High traffic density, coping with high peaks in hot spots 

The selected radio interface should be able to handle 
very high traffic densities (e.g., in metropolitan or indoor 
environments), mainly concentrated in hot spot areas em- 
bedded in a low traffic density environment. 

Simple network deployment 

The expected unpredictable growth of both the number 
of users and the provided services requires a high degree of 



reconfigurability and an easy expansion of the mobile net- 
works. Therefore the radio interface characteristics should 
ease the planning activities carried out by the operators in 
a rapidly evolving environment. 



3. CDMA characteristics 

CDMA (Code Division Multiple Access) is a particu- 
lar kind of the so called Spread Spectrum communication 
techniques: this is a particular class of communication sys- 
tems which make use of a bandwidth much greater than 
the minimum bandwidth required for the information sig- 
nal to be transmitted [1,2]. The signal bandwidth spreading 
is obtained by processing the information signal by means 
of Pseudo Noise sequences (PN-sequences) having particu- 
larly good autocorrelation and cross correlation properties. 

In a Direct Sequence CDMA (DS-CDMA) system all the 
users share contemporaneously the overall bandwidth W, 
The signal spreading is performed by multiplying the digital 
information signal (with bit rate i?b) by a FN sequence with 
bit rate (referred to as "chip rate") Rb- The desired 

information can be recovered by multiplying the overall 
received signal (superposition of all the user signals) by 
the particular FN sequence used at the transmitting side for 
that specific user. When conventional threshold detectors 
are used, in order to extract the desired information, it is 
extremely important that all the user signals are received at 
the BS receiver with the same power level. Note that this 
constraint can be loosen in case of adoption of multi-user 
receivers. The basic radio transmission chain of a CDMA 
system is shown in figure 1. 

The behaviour of a CDMA system and its very strict / 
power control requirement can be well understood by means ( 
of the so called "United Nations cocktail party" analogy. At V 
this party, a lot of people located in the same hall (i.e., the ( 
same fi*equency band) are talking at the same time and in \ 
differe nt languages ^PN-cod es). Everybody can "select" | 
and understand a conversation from the set if the spoken \ 
language (i.e., the code) is known. This is feasible until the J 
number of the simultaneous conversations becomes so high 
that the overall background noise does not allow the people 
to understand each other, even if the language is known. 

Moreover, if during the party two persons are talking to 
each other very loudly (i.e., using a high power level), they 
can understand each other very well but, at the same time, 
they make the communication between all the other peo- 
ple impossible. This example shows the importance of the 
power control mechanisms in CDMA mobile systems: ef- 
ficient algorithms have to be implemented in order to cope 
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with the so called ''near far effecC (i.e., signals coming 
from mobiles near the base station must not overwhelm sig- 
nals coming from mobiles far from the base station). The 
previous analogy clarifies immediately that CDMA systems 
are interference limited: the number of users can increase 
(without any hard limitation) as long as the overall interfer- 
ence level on the air allows to meet a given QoS require- 
ment. 

Considering the uplink of an isolated perfectly power 
controlled cell, the previous considerations can be put in a 
formula giving the well known expression of the number of 
users a cell can support with a given quality of service [2]: 

£?b/iVo' 

where g = Rc/Rb is the processing gain and EJ^/Nq is 
the operating point for the considered service; the users are 
assumed continuously active and the base station equipped 
with an omni-directional antenna. 

From figure 1 it is possible to see one of the main charac- 
teristics of CDMA: the capability of exploiting the activity 
of the source (Service Activity Factor - SAF). Usually the 
information sources are not continuously active: they are 
generating information only for a percentage SAF of the 
time. For example, referring to the speech service, experi- 
mental measurements show that voice is active about 38% 
of the time [3]. During silences the user signal is "zero" 
and hence, no power is radiated (i.e., no interference is 
created). This turns automatically into an average capacity 
increase of a factor of 1/(SAF). Of course, this is only a 
rough estimate of the capacity improvement due to discon- 
tinuous transmission. A more detailed analysis which is 
not based only on average interference considerations can 
be found in [4]. In practical systems, this capacity gain is 
lower because the bit rate cannot be reduced to zero (a cer- 
tain minimum amount of information has to be transmitted 
for synchronisation or power control purposes). The cell 
capacity can be fbrther increased by means of sectoriza- 
tion. In fact, if the cell area is covered by d sectorial 
antennas, the interference level detected by each antenna is 
1 /(7a, which is lower than that in the omnidirectional case 
(i.e., the capacity is Ga limes higher). Summarizing, the 
cell capacity is given by 

(SAF)Eb/JVo* 

In case we are not considering an isolated cell but a multi- 
cellular system, the cell capacity will be reduced by a factor, 
which takes into account the interference coming from the 
surrounding cells. 

The intrinsic characteristics of CDMA (possibility of si- 
multaneous transmission of many users in the same RF 
band, exploitation of multipath, high immunity against nar- 
rowband interference, easy provision of multiple bit rate), 
meet already some of the requirements listed in the previous 
section. 



3.L CODIT system 

Within the RACE Project CODIT [5,6], the detailed 
study of both a testbed and a system concept based on a DS- 
CDMA radio interface has been performed, trying to satisfy 
all the requirements of an advanced mobile communication 
system. The key issue in the design of CODIT was "flexi- 
bility". In order to obtain an open multi rate radio interface 
able to support the very wide range of UMTS services, three 
different chip rates have been foreseen: 1.023 Mchip/s, 
5.1 15 Mchip/s and 20.46 Mchip/s whose correspondent RF 
bandwidths are about 1 MHz (narrowband channel), 5 MHz 
(mediumband channel) and 20 MHz (wideband channel). 
During the call set up phase, as soon as the requested ser- 
vice is known, a resource manager performs the mapping 
of the information bit rate onto the most appropriate chip 
rate so as to satisfy the QoS requirements. During this 
step, besides the spreading bandwidth choice, also the chan- 
nel coding and interleaving schemes are selected by a spe- 
cialised entity called "configuration unit". One of the most 
important parameters during this phase is the maximum 
information bit rate i^bMAX- tbe chosen spreading band- 
width must guarantee that the minimum processing gain 
y^jn = Rc/RbUAx does not drop below a certain value. 

Variable bit rate 

In CODIT, all the physical channels are organised in time 
periods (called "CDMA frames") of 10 ms. Every 10 ms, 
depending on the source needs, a different number of in- 
formation bits are transmitted over a frame of the so-called 
PDCH (Physical Data CHannel). The PDCH is the physical 
channel obtained by the spreading of the DICH (Dedicated 
Information CHannel), which is the logical channel result- 
ing from the multiplexing in time of the TraHic Channel 
(TCH), carrying the user traffic, and the Dedicated Con- 
trol Channel (DCCH), carrying the related signalling traf- 
fic. In parallel to each PDCH, a Physical Control Channel 
(PCCH) is continuously transmitted so as to provide the 
receiver end with the fundamental information of the cur- 
rent bit rate (i.e., the number of bits that have been carried 
by the current CDMA frame). For example, referring to 
the speech service, the codec designed within the project 
can have 7 different (net) output rates, from a minimum of 
0.4 kbit/s to a maximum of 16 kbit/s. The relative trans- 
mitted power during a 10 ms frame is a function of the 
bit rate: the higher the bit rate, the higher the transmitted 
power. In this way, there is no waste of resources: when a 
short voice segment has low information content, it can be 
encoded with fewer bits that will be transmitted at a lower 
power level, thus, minimising the interference toward the 
other users. Figure 2 shows an example of the relative 
transmitted powers between PCCH (fixed bit rate 4 kbit/s) 
and PDCH (variable bit rate). 

Power control 

In order to guarantee that at each cell site the mobile 
user signals are received at the desired level, both open and 
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Figure 2. Relative transmitted powers in case of variable bit rate. 

closed power control loops have been adopted. The open 
loop, based on the signal received from the pilot channel (a 
known beacon channel) transmitted by each BS, copes with 
the signal variations due to shadowing^ while the closed 
loop adjusts the signal level so as to compensate the vari- 
ations due to fast fading. At the base station, the received 
power from each PCCH (on the uplink) is continuously 
compared with ihe desired threshold and then, appropriate 
correction commands are sent to the mobiles through the 
corresponding PCCHs on the downlink. In CODIT, the 
power control information is transmitted over the PCCH 
every 0.5 ms unprotected (i.e., the power control bits are 
not encoded). 

Cellular coverage, handover and macrodiversity 

In CDMA systems, different signals are distinguished 
between each other by means of the spreading codes (all the 
users are sharing the same RF band at the same time, i.e., 
the reuse factor is equal to 1 ). This implies that CDMA cel- 
lular systems require no frequency planning. This is really 
one of the strong points of CDMA and it is extremely im- 
portant in case of future communication systems like UMTS 
where, at the moment, the users demand cannot be exactly 
estimated. If the traffic load is increasing more than ex- 
pected, it is sufficient to add a new BS, without performing 
any frequency re-planning like in TDM A systems. 

The other important aspect related to the unique RF 
channel is the easy implementation of handover and macro- 
diversity: during the movement between cells, the commu- 
nication is handed over from one BS to the other, at most 
changing a PN-code (no change of frequency is required). 
This is the so-called "soft-handover". At the same time, 
the universal frequency re-use allows the simultaneous re- 
ception of the mobile signal by more than one base station 
(macrodiversity reception). Macrodiversity is the situation 
where a MS is connected to more than one BS at the same 
time. This technique allows to reduce fading and shadow- 
ing effects, automatically providing a seamless handover 
The MS monitors continuously the power level received 
from the pilot channels of the surrounding BSs: when this 
is above a given threshold, the corresponding BS enters the 
"active set" (i.e., the set of the BS that are communicat- 
ing with the same mobile in macrodiversity mode). In a 
similar way, the BSs "badly" received are removed from 
the active set. An "ad hoc" entity on the fixed network 
side will perfonn some kind of selection/combining of the 



signals originated by the same mobile and received through 
different BSs (see section 4.2.1). 

On the downlink each BS belonging to the active set 
transmits the same information toward the MS: at the MS 
the rake receiver [1,2] will exploit the path diversity per- 
forming the maximum ratio combining of the best rays re- 
ceived through different paths. In other words, the rake 
receiver is able to perform the selection and the coherent 
(vectorial) weighted sum of the best rays (coming from the 
same or different BSs) associated to the same information 
signal. 

Even if CDMA allows the use of a unique RF chan- 
nel, the radio coverage in CODIT is provided by means 
of a hierarchical cellular structure of picocells, microcells 
and macrocells, where each cell layer is operating in dif- 
ferent RF bands. This choice makes the system more ro- 
bust against imperfection of the power control algorithms in 
neighbouring cells with different size. Of course in this case 
the soft handover can be performed only within the same 
hierarchical level. When (for mobility issues or for signal 
weakness) a handover between different hierarchical levels 
is needed, this will require a change of frequency (inter- 
frequency handover). A specialised procedure called "com- 
press mode" allows to perform a seamless inter-frequency 
handover. When an inter-frequency handover is required, 
the CDMA frame is split into two half-frames: the first 
half-frame is used for the communication with the current 
RF channel, while the second half-firame is used for the 
communication with the new cell (operating on a different 
RF carrier). As soon as the connection with the new tar- 
get cell is stable, the compress mode is released and the 
standard transmission mode starts again with the new cell. 

An important remark about synchronisation during 
macrodiversity and inter-frequency handover has to be in- 
troduced. CODIT is an unsynchronised system: the BSs 
are not synchronised. However, during the macrodiversity 
operation, the different radio links connecting MS and BSs 
have to be synchronised to each other. This is required, in 
order to perform the combining of the signals received at 
the MS from different BSs. 

Signal spreading 

Signal spreading in CDMA systems can be performed 
adopting two different main approaches: the synchronous 
spreading (based on short codes) and the asynchronous 
spreading (based on long PN sequences). The first solu- 
tion allows the design of orthogonal code sets and, more 
generally, a control of the mutual interference; the draw- 
back consists in the need of an accurate code management 
(the number of the short codes is limited), particularly in 
case of handovers. The use of long spreading codes, even 
if does not allow to get some of the benefits provided by the 
orthogonal codes (e.g., the very high reduction of intra-cell 
interference in the downlink), has some relevant practical 
advantages. In fact, the number of long PN sequences is 
virtually infinite, making then unnecessary any code man- 
agement functionality (the probability that two users are 
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using the same code is negligible). Moreover, long PN se- 
quences do not need any kind of synchronisation (neither 
between channels, nor between BSs) and present a good 
flexibility with respect to variable rate services. In CODIT, 
both short and long PN sequences have been adopted: short 
codes are used on the Pilot, Synchronisation and Random 
Access Channels while long codes are used for the remain- 
ing channels (PDCH, PCCH, Broadcast, Paging and Access 
Grant Channels). In particular, the long codes are obtained 
giving different phase shifts to a PN sequence with period 
2^'-l. 

An important characteristic of DS-CDMA systems is 
related to security. The spreading process performed by 
means of a PN sequence that is unknown to non authorised 
users provides automatically a certain level of confidential- 
ity. The protection level is not very high, but it could be 
acceptable for all the users who do not require very se- 
cure exchange of information (that can be provided only 
by means of encryption). 



4. System structure and protocol architecture 

This section briefly presents the architectural assump- 
tions taken in the development of the CODIT system and 
the structure of the specified radio protocols. The discus- 
sion then focuses on the implementation of specific topics 
related to the innovative features needed for the support of 
UMTS services. 

4.1. Network reference model 

In order to design the radio protocols and the system 
management functions for a CDMA-based UMTS system, 
the CODIT Project assumed the system architecture de- 
picted in figure 3. This classical architecture includes four 
functional entities, namely the Mobile Station (MS), the 
Base Station (BS), the Radio Network Controller (RNC), 
and the Mobile Control Node (MCN). 
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The Radio Network Controller manages the macrodi- 
versity functionality: the frame selector (choosing the best 
frame coming from the different BSs simultaneously con- 
nected to the same MS) is located within the RNC. In this 
case, the RNC identifies a macrogroup (i.e., the whole set 
of BSs that could be involved in a communication with the 
same MS). 

The previous paragraph applies to the classical defini- 
tion of macrodiversity, but in a CDMA system also adja- 
cent macrogroups can use the same portion of the fi'equency 
band (a continuous coverage layer could use a single portion 
of the frequency band). Therefore, higher layer macrodiver- 
sity functionality is provided by the Mobile Control Node, 
choosing the best frame or message coming fi-om the RNCs 
in order to allow macrodiversity also outside the classical 
macrogroups. 

The Mobile Control Node can mainly be seen as the 
switching centre that allows the interconnection of the 
UMTS network to the fixed network (PSTN, ISDN or 
PSPDN). The MS can communicate with a single BS or 
with several BSs in case of performing handovers or macro- 
diversity reception. A number of BSs communicate with 
a single RNC through one interface. Similarly, a number 
of RNCs are connected to a single MCN, which in turn 
connects to the fixed network. 

4.2. CODIT radio protocol architecture 

The architecture of the radio protocols of the CODIT [7] 
system is layered in accordance to the Open Systems In- 
terconnection (OSl) Reference Model developed by the In- 
ternational Standards Organisation (ISO). However, some 
deviations from the OS! Reference Model have been in- 
cluded in order to cope with some specific radio interface 
characteristics of a CDMA-based UMTS system. 

A GSM- and a DECT-like protocol architecture have 
been studied for their applicability to define the CODIT 
UMTS radio protocols. Based on the investigation results, 
a DECT-like protocol architecture has been adopted, mainly 
because macrodiversity reception and multi-bearer connec- 
tions can be implemented more easily. The chosen architec- 
ture type also provides high flexibility in allocating proto- 
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Figure 3. CODIT UMTS networks reference model. 
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Figure S. Protocol end-points. 



col end-points to the network entities and in implementing 
handover procedures. 

The CODIT radio protocol architecture (figure 4) in- 
cludes two layered protocol planes and an unlayered system 
management entity for performing various link control, sys- 
tem maintenance and network tasks. The protocol stack is 
separated into a control (C-) and a user (U-) plane in order 
to process signalling and user data information separately 
in independent protocol entities. 

The unlayered System Management Entity, which is a 
deviation from the OSi Reference Model, mainly includes 
all radio link control algorithms, and exchanges signals with 
the layered radio protocol stack in order to request the ex- 
ecution of some signalling procedures or to receive mea- 
surements from the protocol stack. 

The protocol stack itself, namely the C-plane, provides 
the needed synchronisation between the C-plane and the 
U-plane for a specific network layer call. As a matter of 
fact, this synchronisation is needed during specific phases 
of the call, such as call establishment, handover and call 
release, when the U-plane data flow must be switched ac- 
cording to the C-ptane based procedures for the connection 
management. Besides performing a synchronous switching 
of U- and C-planes for traffic data and signalling, the ra- 
dio protocol stack must also rearrange the relationship of 
entities in both planes after the completion of the handover 
process. The synchronisation of the handover switching 
is also perfonned taking into account the service provided 
in the call, because different requirements about the used 
coding scheme and interleaving multiframes can arise. 

In figure 5, the structure for the system interfaces (10, II 
and 12) is shown including the end-points for the different 
protocol layers and sublayers. These interfaces can be con- 
sidered as logical interfaces between functional entities and 
then, in the physical implementation, can be easily grouped 
in different manners, thanks to the modular and flexible na- 
ture of the CODIT radio protocols. It should be noted that 
figure 5 is intended to show the location of the CODIT 
protocol end-points. All the other protocols (e.g., LAPD) 
shown in the figure only represent a possible choice for the 
testbed implementation. 

Two different handover procedures are provided in the 
radio protocol architecture: 

• bearer handover: it is controlled by the Medium Access 
Control (MAC) layer and allows the MS to change the 



bearers used for the current call, while maintaining the 
same service provided to the Data Link Control (DLC) 
layer; 

• connection handover: it is controlled by the DLC layer 
and allows the MS to change the MAC layer used for 
the current call, while maintaining the same service pro- 
vided to the layer 3. 

The presence of distinct handover and macrodiversity func- 
tionality at the MAC and DLC layers allows flexibility in 
allocating the protocol end-points in the UMTS system. 

Referring to figure 5, the macrodiversity functionality is 
located in the upper part of the MAC sublayer and is thus 
based on MAC frames (the firame selection process chooses 
the best received MAC frame). This solution implies a 
satisfactory macrodiversity efficiency: as a matter of fact, 
the fi^me selection is performed at a low layer, where the 
shorter fi'ames are used, and then the RNC can build up the 
DLC fi-ame using the best MAC fi-ames received on the dif- 
ferent connections. Also DLC macrodiversity functionality 
is included in order to completely exploit the advantages 
provided by the CDMA access scheme. 

Figure 6 better details the architecture of the MAC sub- 
layer. It is split into a lower part (MAC*) and an .upper 
part (MAC**). There is always one instance of MAC**, 
but multiple instances of MAC* may exist. In the fixed 
part of the radio network, according to the protocol end- 
point allocation of figure 5, the functionality of MAC** is 
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Figure 6. MAC sublayer aFchitecture. 
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implemented in the RNC, while a single instance of MAC* 
is assigned to each BS connected to the RNC. 

The lower part of the MAC sublayer (MAC*) mainly 
provides functions required to control the information ex- 
change between a single BS and all MSs within a cell, to 
broadcast cell control information, to allocate and release 
physical channels established within the same cell, to pro- 
vide functions for channel (de)coding and (de)interleaving, 
and to (de)multiplex information stemming from different 
logical channels of the C- and U-plane (from) onto phys- 
ical channels provided by the physical layer. The upper 
part of the MAC sublayer (MAC**) mainly provides func- 
tions required to control the information exchange between 
the RNC and all MSs within the cluster of cells controlled 
by the RNC, to control multi-bearer connections, to pro- 
vide random access capabilities to a MS, to broadcast clus- 
ter control information, to perform bearer handovers along 
with the required switching, and to perform macrodiver- 
sity reception in the RNC. A bearer handover occurs when 
an MS changes traffic channel and thus its physical layer 
within a BS or between different BSs connected to the same 
RNC. Separate protocol entities are provided in MAC** for 
controlling the transmission of broadcasts, the exchange of 
connectionless (CL) and connection-oriented (CO) informa- 
tion via the C-plane, and the exchange of user data (Ud) 
and speech messages (Us) via the U-plane. 

After this brief overview of the CODIT radio protocol 
stack, the description will focus on three different control 
aspects that are felt to be fundamental in a UMTS system; 
macrodiversity, multibearer and variable bit rate control. 

4.2.1. Macrodiversity control 

As previously mentioned, in a CDMA system adjacent 
BSs can use the same portion of the radio spectrum and then 
it is possible to have a continuous radio coverage where the 
same RF channels are used by all the BSs. Such a scenario 
implicitly allows for the implementation of a macrodiversity 
functionality. 

In principle both the MS, for the downlink macrodi- 
versity, and the fixed part of the UMTS network, for the 
uplink macrodiversity, should use a frame selector entity 
in order to choose the best frame coming from the differ- 
ent radio connections. Actually on the downlink, where 
all the involved signals are received by the same equip- 
ment, macrodiversity can be simply resolved by the MS 
at layer 1 (see section 3), combining the received signals, 
thus improving the macrodiversity efficiency with respect 
to a higher layer frame selection process. On the uplink, 
the frame selection entity must be located on a higher hi- 
erarchical network level, with respect to the end point of 
the layer 1 (i.e., the BS), having to choose between frames 
coming from different BSs. This implies that the macro- 
diversity selection must be performed at a higher protocol 
layer (i.e., MAC sublayer) and cannot be directly executed 
on the layer 1 signals. 

The structure of the CODIT radio protocols architecture 
and the allocation in the fixed network entities of the proto- 



col end-points (see figure 5) imply that the macrodiversity 
frame selector functionality should be located in the MAC** 
sublayer within the Radio Network Controller (RNC). This 
solution provides a complete and efficient macrodiversity 
functionality to the MSs communicating with different BSs 
connected to the same RNC. However, from the radio inter- 
face point of view there would be no objections in allow- 
ing macrodiversity also between BSs connected to different 
RNCs, due to the previous mentioned continuous coverage 
using the same RF channels. 

Providing the frame selector functionality in the RNC 
only, possible connections to BSs belonging to other RNC 
groups are useless, being impossible to combine the frame 
streams coming from the different RNCs. Therefore the 
CODIT system supports also the presence of a DLC frame 
selector frinctionality located in the Mobile Control Node 
(MCN). Possibly this selection should not use the soft in- 
formation related to the radio channel, but it could sim- 
ply be performed exploiting the DLC layer error protection 
mechanisms (e.g., the best CRC checking result). In such, 
a way, the CODIT protocol architecture can also provide 
a higher layer macrodiversity functionality, even though in 
a less efficient way with respect to the MAC one, to the 
MSs communicating with BSs connected to different RNCs 
(within the same MCN group). 

In figure 7, two examples of the macrodiversity scenarios 
supported by CODIT are presented. In this figure, MS#1 is 
communicating with two BSs connected to the same RNC, 
while MS#2 is communicating with two BSs connected 
with two different RNCs. 

As previously mentioned, the protocol end-point allo- 
cation of figure 5 can be seen as an example without any 
constraints on possible changes in the network architecture. 
As a matter of fact, the idea of providing the macrodiver- 
sity and handover functionalities in the different protocol 
layers, and then allocating the protocol end-points to the 
network entities, allows for a complete flexibility in the 
UMTS system choices. 
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Figure 7. Macrodiversity scenarios. 
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4.2.2. Multibearer control 

In CODIT system, multiple narrowband channels can be 
optionally combined to establish high bit rate services. The 
relevant splitting and combining functions can be either lo- 
cated at the physical layer or at layer 2 of the radio protocol 
slack. This section analyses the two options and explain the 
CODIT choice of including these functionality in layer 2. 

In the following the terms "bearer" and "physical chan- 
nel" can be considered as interchangeable, indicating a 
unique basic channel identified by one frequency, one 
spreading code and, if that is the case, one time-slot. 

Multibearer splitting/combining at layer I 

The solution of allocating the splitting/combination of 
many physical channels in order to provide high bit rates at 
layer 1 , together with the application of the Channel Cod- 
ing functionality to the resulting logical channel, allows the 
spreading of errors coming from one RF channel over the 
whole logical channel. Of course an advantage in the error 
correction process can only be achieved, for data services 
requiring multibearer connections, if each bearer makes use 
of a different frequency (RF channel). As a matter of fact, 
in case of multibearer connections implemented using dif- 
ferent spreading codes on the same RF channel, no ad- 
vantage seems to arise from this solution with respect to 
perform the channel coding independently over each single 
bearer. 

Moreover, many disadvantages come out from the de- 
cision to handle multibearer connections at layer 1. From 
the overall system point of view, the most critical issues are 
those related to the efficiency and flexibility of the macro- 
diversity functionality. 

Since the layer 1 protocol end-point is located, on the 
network side, in the Base Station (BS), this solution im- 
plies that all the bearers, forming a multibearer connection, 
must be established with the same BS. This constraint re- 
duces the system flexibility due to the fact that each sin- 
gle bearer cannot be handled independently: e.g., all the 
bearers forming a multibearer connection must be handed 
over simultaneously to a new BS. The need of handing 
over simultaneously all the physical channels supporting a 
multibearer connection can increase the probability of call 
dropping. In fact, if a multibearer connection consists of 
a certain number n of different bearers, the new BS must 
have n physical channels available, otherwise the handover 
procedure cannot be completed successfliUy. 

The up-link macrodiversity functionality is performed 
in the RNC (Radio Network Controller) choosing the best 
frame coming from different BSs. The control of multi- 
bearer connections at layer 1 implies a less efficient macro- 
diversity algorithm, the choice of the best frame being per- 
formed on the whole logical channel instead of each single 
physical channel (see figure 8). In order to accomplish the 
spreading of transmission errors over the different RF chan- 
nels, it is mandatory to handle large logical channel frames, 
encoding and spreading them over shorter physical channel 
■ frames. In this way the RNC frame selector can only deal 
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Figure 8. Macrodiversity in case of multibearer control at layer 1. 

with logical channel frames, because layer 1 is terminated at 
the BS site and the channel coding is performed on the log- 
ical channel (and then the quality indicators, such as CRC 
and FEC flelds, are present only at that level). Moreover, 
in order to allow the up-link macrodiversity, the same set of 
frequencies must be used by all the involved BSs: indeed 
only a complete duplication of the whole logical channel 
(i.e., the complete set of physical channels) is allowed. A 
scenario where only a part of the physical channels used in 
the multibearer connection are in the macrodiversity state 
cannot be achieved using this solution. 

Another drawback of this solution can be found in case 
of the loss of one bearer forming the multibearer connec- 
tion: the whole logical channel must be released because 
the channel coding entity needs all the bearers in order to 
perform its task. The requested service cannot be provided 
anymore and a change in the data rate seems to be very 
complicated. As a matter of fact, in case of offering, for 
a while, a lower data rate service, the whole channel cod- 
ing scheme should be re-negotiated giving many problems 
of synchronisation between the two ends and introducing 
delays. 

Due to the fact that for each data rate service a different 
channel coding is used, it seems also very difficult to im- 
plement efficient variable data rate services, for the same 
reasons explained in the previous paragraph. 

Multibearer splitting/combining at layer 2 

With reference to the CODIT radio protocol architecture, 
the multibearer control entity seems to be better located 
in the upper part (MAC**) of the MAC (Medium Access 
Control) Sublayer, within layer 2 (see figure 5). Being the 
end-point of this sublayer located in the RNC, this solution 
allows to avoid the constraints previously highlighted. 

All the physical channels, forming the same multibearer 
connection, can be handled as completely independent car- 
riers, i.e., each bearer can be established with a different 
BS and can be independently handed over. This feature al- 
lows a better and more efficient radio resource management 
within the set of BSs controlled by the same RNC, when 
high data rate services are requested. Moreover, the up-link 



S. Barberis. E. Berruto / A CDMA-based radio interface 



27 



macrodiversity becomes more efficient allowing the frame 
selector, located in the RNC, to choose the best frames 
coming from the involved BSs on a single physical channel 
basis. In this way, also the flexibility of the macrodiversity 
scheme is improved due to the possibility of implementing 
a kind of ''asymmetrical macrodiversity", where only a sub- 
set of the used physical channels is in the macrodiversity 
mode (see figure 9). 

The scenario presented in figure 9 could be supported by 
the MAC protocol functional entities presented in figure 10. 
In that figure, all the entities included in the MAC** sub- 
layer (within the dashed rectangle) are located in the RNC, 
while the MAC* and the layer 1 are terminated at the BS 
site. 

The previous scenario and the improvement of the 
macrodiversity functionality can only be achieved if the 
channel coding is performed within the BS at MAC* level 
on a single physical channel basis, because of the required 
independent control of the different bearers involved in the 
same multibearer connection. This solution also allows a 
better traffic load balance among adjacent BSs: the possi- 
bility of establishing independent bearers with different BSs 
allows a better distribution of the user traffic load between 
them. As a matter of fact the minimum allocable resource 




Figure 9. Macrodiversity in case of multibearer control at layer 2. 
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is now the single bearer and not the whole logical channel 
as in the physical layer solution. 

Having independent bearers with independent channel 
coding simplifies very much the implementation of vari- 
able data rate services with one-bearer step size: they could 
simply be handled by the multibearer controller entity upon 
the requests for changing the data rate coming from the up- 
per layers. In a similar way also the temporary loss of 
some bearers can be easily handled by the multibearer con- 
troller, informing the upper layers that only a reduced ser- 
vice can be provided, but mantaining the connection (this 
case should arise during handover phases where some bear- 
ers could be lost in the transition process from one BS to 
another one). Finally, also the provision of "asymmetri- 
cal services" with very huge differences between the data 
rate used on the uplink, with respect to the data rate used 
on the downlink, could be easily handled by a multibearer 
controller located in the MAC** sublayer managing inde- 
pendent bearers. 

It should be noted that this solution does not allow the 
improving of the channel coding functionality by spread- 
ing the transmission errors, occurred on a single bearer, 
over the whole logical channel. A partial solution to this 
disadvantage could be provided by a similar spreading of 
adjacent bits, at the DLC frame level, over the different 
MAC connections, each of them having an independent 
channel coding. In such a way, the transmission errors, 
coming from one single bearer, could be spread over the 
DLC frame, possibly improving the DLC error protection 
mechanisms instead of the channel coding. 

As a final remark, it should be noted that, if BSs be- 
longing to different RNC groups are involved in the com- 
munication, some problems can arise. As a matter of fact, 
the proposed protocol architecture does not allow the use of 
BSs connected to different RNCs for a multibearer connec- 
tion, this being possible only moving the multibearer con- 
trol functionality to the DLC layer and then to the MCN. 
In such a way the multibearer connections should be called 
"multi DLC-connection links", allowing for several parallel 
DLC connections, one for each bearer, on the RNC-MCN 
interface. In this case all the multibearer connections would 
always be managed at the MCN level, also when the in- 
volved BSs are connected to the same RNC. 

From the macrodiversity point of view, the current pres- 
ence of the multibearer controller in the RNC allows the 
use of the DLC macrodiversity fiinctionality, in the MCN, 
only if a complete multibearer connection (i.e., including 
all the involved bearers) is established within both the RNC 
groups (a multibearer connection is established within an 
RNC group if it is using any combination of bearers set 
up with BSs connected to the same RNC). As a matter of 
fact, the MCN must receive two different DLC connections 
from the two RNCs and one DLC connection can be estab- 
lished only if all the involved bearers can be received by the 
RNC. The choice of having a multi DLC-connection con- 
troller in the MCN, introducing a correspondence between 
each bearer and one single independent DLC connection, 
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could allow more flexibility, using the two level macrodi- 
versity fiinctionalities described above on each single bearer 
or DLC connection respectively, depending on the BS-RNC 
relative position (i.e., information coming from BSs con- 
nected to the same RNC are combined at the MAC layer in 
the RNC, while information coming from BSs connected 
to different RNCs are combined at the DLC layer in the 
MCN). Only after all these combinations the multiple DLC- 
connections are joined together within the MCN providing 
the layer 3 with only one logical channel. 

4.2.3. Variable rate control 

The most challenging approach, in defining the UMTS 
system concept, is to leave high flexibility, so that to allow 
the introduction of even today completely unknown services 
at every stage of the system life time. 

DS-CDMA is felt to be well suited for the UMTS for 
a number of reasons. One reason is that it is intrinsically 
tailored to variable-rate information streams. The rationale 
in considering the variable-rate facility for such a system is 
that the information associated with the basic speech service 
(speech and signalling) is time-varying. In particular we 
are here referring to a Fast Variable-Rate (FVR) concept, 
that is the actual bit-rate of each source can be controlled 
on a frame by frame basis, being the frame length in the 
order of 10 ms. Moreover, the channel conditions in a 
mobile connections are also time-varying, suggesting an 
optimum allocation of channel coding driven by channel 
measurements, both for speech and signalling. 

It is reasonable to combine all these variable-rate in- 
put sources in the same architecture, considering a unique 
variable-rate control unit [8] concentrating all the intel- 
ligence and enabling global optimisation of the physical 
channel resources. One further facility permitted by this 
approach is to allow the needs of the system capacity to be 
taken into account. Whenever the traffic from other users is 
increasing, the maximum allowed bit-rate can be reduced or 
constraints on the average bit-rate can be set by the control 
unit. 

In a mobile telecommunications system based on a DS- 
CDMA radio interface, since the system capacity is tied 
to the average interference generated by active users, the 
use of a variable rate transmission scheme is fundamental 
in order to completely exploit the available radio spectrum 
(see section 3). 

As mentioned in section 3, the transmission on CODIT 
radio interface is organised into fixed periods of time called 
"frames": the information mapped onto each frame is in- 
stead called "physical packet". Therefore the easiest way 
to implement a fast variable rate scheme is to vary, on a 
frame by frame basis, the length of the physical packet to 
be transmitted. 

The information that is communicated through speech is 
a highly time-varying variable. Several aspects contribute 
to this: the rate needed to transmit the information itself, 
the identity and emotional state of the speaker, as well as 
the rate of speaking. The irregular distribution of this in- 



formation with time makes the variable bit-rate approach 
particularly appealing. At the same time, the signalling 
control channel associated to the traffic channel has to con- 
vey information with various nature, ranging from "slow 
rate" and predictable, i.e., sent on a regular basis, mea- 
surement results, to "fast rate" and unpredictable handover 
signalling. Therefore the most natural approach seems to 
be a variable bit-rate associated control channel having a 
high grade of variability, i.e., with the rate controlled on a 
frame by frame basis. 

In CODIT system, the information streams generated 
by the two different sources (i.e., speech and signalling) 
and considered after their own specific channel coding, are 
multiplexed on the same physical channel. The global in- 
formation stream, resulting after the multiplexing of speech 
and control data, can exceed or not the maximum bit rate 
allowed on a single physical channel, where this limit is set 
taking into account the minimum spreading gain required 
by the overall system performance (see section 3). The 
maximum allowed bit rate can be seen, on a frame basis, as 
the maximum length of the related physical packet. If this 
length is exceeded, different actions could be performed, in 
order to counteract the resulting reduction in the quality of 
service offered to the user. On one hand, the transmitted 
power could be increased, thus affecting the overall system 
capacity. On the other hand, a feedback action could be 
performed onto either the information sources or the re- 
lated channel coders in order to decrease, in a controlled 
way, the requested bit rates, thus affecting the complexity 
of the transmission scheme. 

The management of the variable rate is performed in 
the Variable Rate Control Unit (VRCU). This unit contains 
the intelligence of the subsystem and, based on the dif- 
ferent information, allocates the actual rate to each block. 
A breakdown of the blocks involved and of the signals ex- 
changed is shown in figure 1 1 . Each source (speech and 
control signalling) delivers an information flow r(n), which 
is a function of the frame n, to its dedicated channel coder 
module. After having introduced the proper redundancy, 
the bit-streams with gross rates Rs{n) and Rc{n) are mul- 
tiplexed in the output bit-stream with rate R\ox{n). 

The VRCU has complete access to the information rel- 
evant to the best allocation of resources. The input data to 
the VRCU can be identified as follows: 

• Speech needs. The speech coder analyses the input 
speech on a frame by frame basis and decides which 
is the rate most suited for that particular segment of 
speech. 

• Control needs. The information on the amount of the 
control needed in the frame is passed to the VRCU. 

• Channel measurements. The channel characteristics, 
which can be represented in terms of the expected bit 
error rate, determine the requirements for protection of 
the information. This information is also passed to the 
VRCU. 
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Figure 11. Block diagram of the units involved in the variable rate man- 
agement. 

• System needs. The traffic over the channel can change 
as a function of time as well as of the location of the 
mobile in the cellular environment. Different conditions 
can allow to use a higher rate for speech, with an as- 
sociated better quality of conversation (e.g., by using 
wide-band speech coding), or can put constraints on the 
maximum possible data rate. This information relevant 
to the traffic from other users, shall be also made avail- 
able to the VRCU. 

All these input signals are considered in a proper al- 
gorithm in the VRCU that, as a result of an optimisation 
process, will deliver commands to each block. These com- 
mands are essentially the allocated rates and the allocated 
degree of protection. The algorithm that has to be imple- 
mented in the VRCU must weight all the different con- 
tributions to the total rate and cope with the constraint of 
maintaining the rate R[ox{n) below the maximum capacity 
of the channel. 



5. Conclusions 

This paper shows how the main requirements of an ad- 
vanced mobile communication system (e.g., high flexibil- 
ity, support of variable bit rate services, high spectral ef- 
ficiency), can be satisfied by a CDMA based radio inter- 
face. In particular, the paper focuses on the DS-CDMA ra- 
dio interface designed within the RACE-II CODIT project, 
describing some of the technical solutions proposed for 
the provision of advanced features such as macrodiversity. 
multibearer transmission and variable bit rate services. 
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